Objectives: Bilateral cochlear implant (BCI) users receive limited binaural cues and, thus, show little improvement to speech intelligibility from spatial cues. The feasibility of a method for enhancing the binaural cues available to BCI users is investigated. This involved extending interaural differences of levels, which typically are restricted to high frequencies, into the low-frequency region.
INTRODUCTION
Implanting both cochleas of hearing-impaired listeners has become more common in recent years. However, implantation is invasive, costly, and can potentially destroy any residual hearing in the ear to be implanted. A loss of residual hearing can be detrimental to speech reception, even if the amount of hearing is extremely limited (Brown & Bacon 2010; Zhang et al. 2010) . Thus, it is crucial that clear benefits of bilateral cochlear implants (BCIs) be established over a single device, with or without the addition of residual hearing, to justify the decision to implant the second ear. One often-cited benefit of BCI is the ability of such users to perceive and use binaural cues, and the potential outcome is most often stated or implied to be improved speech reception through their use, such as the spatial release from masking observed in listeners with normal hearing. However, BCI users have thus far shown relatively poor localization abilities (Grantham et al. 2008) and limited spatial release from masking (Loizou et al. 2009 ). This is likely because BCI users receive limited access to binaural cues. They do perceive interaural differences of levels (ILDs), but they have shown poorer sensitivity to interaural differences of time (ITDs; Grantham et al. 2008) , even with envelope ITDs, which are generally reasonably well preserved in BCIs (e.g., Laback et al. 2004) . Robust ILDs are generally restricted to frequencies above about 1500 to 2000 Hz (Fig. 1 ) because the longer wavelengths at lower frequencies are not shadowed by the head. Thus, the availability of binaural information to BCI users is strongly frequency dependent. It has been shown that sensitivity to binaural cues declines when they are inconsistent across frequency (Francart & Wouters 2007; Brown & Yost 2011 ). In addition, any ILDs that BCI users receive will be subjected to large amounts of compression. This includes automatic gain control on the processing front end, which essentially limits the level of more intense sounds, likely reducing ILDs as a result. There is also the compression that occurs to map the input dynamic range (which is typically 60 dB or less; Spahr et al. 2007 ) to the electric dynamic range (typically 10-20 dB; Zeng et al. 1998) .
The goal of this article is to examine the efficacy on speech intelligibility for BCI users of enhancing the ILD cue by extending it into the low-frequency region. Although naturally occurring ILDs are very small at low frequencies ( Fig. 1) , headphone experiments in which low-frequency ILDs are applied manually have shown that normal-hearing listeners are as sensitive to low-frequency ILDs as they are to those at high frequencies* (Yost & Dye 1988) . Francart et al. (2009) have shown that adding larger-than-normal ILDs in the lower frequencies can improve localization for simulated bimodal listeners.
Binaural enhancement was achieved in the current study by estimating instantaneous ITDs in the low-frequency region, which are present naturally yet poorly represented by current cochlear implant (CI) technology, and converting them to lowfrequency ILDs, which are not present naturally but should be useable by BCI patients. In the case of a single stationary talker, the instantaneous ITD does not change over time. However, when there are two spatially separated modulated sound sources, such as two talkers speaking concurrently, the instantaneous ITD will change, depending on the relative levels of each talker at a given moment (Yost & Brown 2013) .
The ultimate goal of this work is to implement this ITDto-ILD conversion algorithm in a real-time device, in order to allow BCI users to adapt to this type of processing. Although work has begun on this goal, all processing occurred offline for the current study.
MATERIALS AND METHODS

Subjects
Eight BCI patients participated (see Table 1 * Interaural differences of levels can be delivered via headphones by simply attenuating the left or right channel, and thus can be imposed on any type of stimulus, including those that contain only low-frequency energy. In the same way, interaural differences of times can be applied to any signal by simply applying a delay to the signal in either the left (image to the right) or right (image to the left) ear.
to their everyday programs were made. When a research processor was used with a direct-connect setup, the subjects' maps were used.
Speech Materials
The target speech was drawn from the City University of new York (CUnY) set (Boothroyd et al. 1985) , produced by a female talker, and the maskers were produced by a different female (IEEE 1969) . When needed for duration, multiple masker tokens were concatenated, and the signal-to-noise ratio was +2 dB. no target or masker token was heard more than once.
Processing
As stated previously, all processing occurred offline, prior to testing. This means that both the binaural cues and the enhancement were applied and the signals were then delivered to the speech processors, either acoustically via headphones to the microphones of the CIs or via a direct-connect setup with a research processor. Natural Binaural Cues • Prior to testing, a broadband noise was recorded through the left and right ears of a KEMAR, from 90 degrees and at a distance of about 5.47 ft, in an 11 × 13 ft sound-treated room (broadband RT60 = 90 msec). Each recording was then filtered into 32 bands of equivalent rectangular bandwidth (ERB) having center frequencies between 128 and 8192 Hz, and an ILD was computed in each band (Fig. 1 ). This ILD-by-frequency function was applied to a target or masker token by filtering the token into the same 32 bands, and in each band, applying the computed frequency-specific ILD value. After summing the bands, an ITD of 600 μs was applied. Cues were applied so that the apparent location of target tokens was to the left, and maskers to the right. Finally, the left and right channels of the target and masker were summed. Binaural Enhancement • Binaural enhancement was achieved using the following procedure. A target-plus-masker mixture carrying the natural binaural cues described previously was filtered into 32 ERB-wide bands as mentioned earlier. Enhancement was applied to the lowest 20 bands (band 20 had a center frequency of 2248 Hz). Each band was segmented into 20 msec bins with no overlap. In each bin, a sliding lag cross-correlation algorithm was applied, with a 1.2-ms (±600 μs) window size and no overlap. For each 20-ms bin, the between-channel delay that produced the largest correlation was taken as the instantaneous ITD. Thus, an ITD was computed every 20 msec. The ITD values were then converted to ILDs using a simple conversion table in which an ITD of ±600 μs corresponded to an ILD of ±30 dB and an ITD of 0 μs corresponded to a 0 dB ILD. Intermediate values were linearly interpolated (e.g., an ITD of ±300 μs corresponded to an ILD of ±15 dB). The instantaneous ILDs were then applied to the signal within the particular band, and all bands were summed. Thus, the enhanced stimulus contained both the natural cues (ITD and ILD information), and the enhanced (low-frequency ILD information). ILDs were always achieved by reducing the level at an ear, never by increasing the level.
Informal listening showed that analysis bin sizes of less than 20 msec did not lead to noticeable improvements in perceived lateralization, but it did increase the amount of transients (clicks) generated in the resulting signal, due to large changes in level that occurred most often at moments of time when the levels of the two sources were relatively similar. In these cases, the ITD estimates were often spurious, which led to the large-level changes. Although future studies will directly examine the impact of parameters such as bin size and the ITD-to-ILD table on performance, the goal of the current study is to demonstrate a proof of concept, and, thus, they were not manipulated systematically here.
Conditions
In one condition, a target-plus-masker mixture was created with no binaural cues applied and presented diotically (diotic; Supplemental Digital Content 1, http://links.lww.com/EAnDH/ A155; Supplemental Digital Content 2, http://links.lww.com/ EAnDH/A156). In another condition, the natural binaural cues described earlier were applied (natural; Supplemental Digital 
Procedure
Participants were first presented with 10 unprocessed target sentences for stimulus familiarization and to achieve a comfortable listening level. They were then instructed to listen for that talker, to repeat what she said as best they could, and to ignore the masker. They were told that in some conditions the target talker might appear to be to the left of midline and the masker to the right. The presentation order of the conditions was randomized across subjects, and participants heard the same order of conditions twice, with 10 target sentences (50 keywords) per block. For example, a presentation order might be "enhanced, diotic, natural, enhanced, diotic, natural." Presenting the random order twice was done in an attempt to control for any short-term adaptation that might occur. Thus, scores were derived from 20 sentences or 100 keywords per condition. no target or masker token was heard more than once by a participant. For six patients, stimuli were delivered via Sennheiser HD250 headphones, which were placed comfortably over each device's microphone, and were not moved or removed until the completion of the experiment. Each of these participants' everyday programs were used. For two patients, the UT-Dallas research processor was used in offline mode, which allowed streaming of stimuli from a computer in a manner equivalent to using an accessory cable in "direct-connect" mode with commercially available speech processors. For more information about the UT-Dallas processor, see the study by Ali et al. (2013) . All procedures were approved by the institutional review board at the University of Pittsburgh.
RESULTS
The results are shown in Figure 2 . Data are plotted as percent correct speech intelligibility in the presence of each type of binaural cue (none, natural or enhanced). Data from patients receiving direct stimulation are plotted with dashed lines and filled symbols. Mean speech intelligibility was 19% correct when no binaural cues were available, 34% correct when natural cues were available, and 65% correct with enhanced cues. Although the sample size is too small for inferential statistics, the pattern of results is clear and demonstrates that speech intelligibility can be improved for BCI users by enhancing the binaural cues available to them, at least when the signal is on one side of the head and the masker is on the other side and the levels of the signal and masker are different.
DISCUSSION
Participants averaged 15 percentage points of benefit to speech intelligibility with natural cues, and about 46 percentage points of benefit with the enhanced cues. Stated another way, binaural enhancement provided an additional 31 percentage points of speech intelligibility over the binaural cues that are typically available to BCI users.
Although the sample size for the current study is small (n = 8), all subjects show the same pattern of results; that is, all eight participants benefited from the enhancement. This was the case even for the two patients for whom the natural cues alone provided no benefit (BCI patients 2 and 5). The enhancement was also effective for the two prelingually deafened participants, although these two participants showed the smallest benefit from enhancement (18 percentage points for BCI patient 3, and 14 percentage points for patient 5), which is not surprising. The other six patients averaged 36 percentage points of benefit due to enhancement.
Anecdotally, all participants preferred listening to the enhanced stimuli, stating that it was easier to attend to either talker. For normal-hearing listeners listening informally, the enhanced processing produces apparent sound sources that are more lateralized than the natural cues. † In a sense, the proposed method works by taking advantage of (and in some ways, enhancing) the amplitude modulation inherent in the speech signals (Yost & Brown 2013) . When the level of the left talker is higher than the level of the right talker, the algorithm is more likely to detect an instantaneous ITD that tracks the left sound source. As a consequence, the signal in the right ear is attenuated. Likewise, the right talker being louder than the left talker will result in attenuation of the signal presented to the left ear. If we consider only the left ear as an example, the result is that when the level of the left talker is low, the signal to the left ear is low even if the level of the right talker is high, resulting in an improved signal-to-noise ratio for the left talker in the left ear. And the same improvement occurs for Fig. 2 . Speech intelligibility for five BCI listeners in three conditions. In the "diotic" condition, no binaural cues were applied to either the target or the masker. In the "natural" condition, binaural cues were applied, which included the ILD-by-frequency function shown in Figure 1 , and a wholewaveform ITD of 600 μs. In the "enhanced" condition, the stimulus mixture created in the natural condition was subjected to the ITD-to-ILD algorithm, which applied low-frequency ILD cues based on the instantaneous ITD information. The difference in performance between the diotic and natural conditions represents the SRM that the participants would receive typically. The difference between the natural and enhanced conditions represents the additional SRM provided by the binaural enhancement. BCI indicates bilateral cochlear implant; ILD, interaural differences of levels; ITD, interaural differences of time; SRM, spatial release from masking. †Pilot data were collected with four normal-hearing listeners, who were presented tokens processed in a similar way to the natural and enhanced conditions in the current study. They were asked to judge the laterality of the two concurrent talkers, such that a value of −10 indicates a talker is fully lateralized to the left, +10 fully to the right, and 0 indicates a talker is centered in the head. Subjects thus made two estimates per token, one for each talker. For the natural condition, mean scores were -6.4 and +6.8. In the enhanced condition, mean scores were −10 and +10. These pilot data indicate that, at least for normal-hearing listeners, the enhancement algorithm produces greater lateralization than the natural cues.
the right talker in the right ear. However, the fact that the algorithm, at least in theory, benefits from modulation present in the masker is an interesting one, given that modulated maskers (competing talkers in particular) are usually the most difficult to deal with for typical noise reduction techniques. nevertheless, this concurrent benefit for both talkers may not hold for spatial configurations other than the one tested; that is, discussion of the results must be qualified in that they were obtained when the target was to the left and the masker was to the right. It remains to be seen what the nature of the benefit will be in other spatial configurations or with more than one masker. One particular advantage of the current technique, however, is that no a priori knowledge of the sound sources is required. More specifically, in the case of the two concurrent talkers used in the current configuration (one to the left and one to the right), it does not matter which is the target and which is the masker: The enhancement is achieved for both sound sources, and the listener is free to attend to either or to switch attention as desired. There may be less benefit with other configurations. Indeed, given the apparent reliance of the current approach on amplitude modulation, it seems reasonable to expect that as the number of maskers (competing talkers) increases, the amount of benefit might decrease. There may be some configurations in which the proposed approach is actually detrimental.
The algorithm has not been optimized in any way, and produces audible clicks and pops, as a result of occasional large-level changes that occur most often at moments when the energy from each token is equal, which can produce spurious instantaneous ITD estimates. While a few BCI participants noted that they could hear this noise when asked about it, none volunteered this information, and all said that it was reasonably tolerable and not very distracting. Others reported not hearing the clicks. When the enhanced stimuli were vocoded (which simulates CI processing) using both noise-band and sinusoidal carriers, the clicks were inaudible to several listeners with normal hearing. One patient also commented that the overall percept seemed to be jumping back and forth in his head. This makes sense given the way the processing works. nevertheless, this was not deemed by the patient to be too distracting, and the patient volunteered that he thought he would be able to get used to it given more exposure.
One possible limitation of the current study is the use of headphones for stimulus delivery rather than the use of direct stimulation. This may have allowed such things as headphone placement to influence the actual ILDs delivered to the user. However, care was taken in headphone placement to ensure a comfortable fit, and all subjects receiving headphone delivery reported (and were observed to have) no need to adjust headphones throughout the experiment. The study was also designed to be as brief as possible to this end, and all comparisons in the current study are within subjects. Finally, stimulus delivery to two of the eight participants occurred via the UT-Dallas research processor in a direct-connect mode, which is equivalent to using accessory audio cables with commercial devices. While a comparison between groups of such small sizes comes with a number of caveats, there are no obvious differences in the patterns of results between the two groups. Thus, while not ideal, it seems reasonable to conclude that the results of the current study are valid despite the use of headphones for the majority of participants.
Another possible limitation of the current study involves the use of simulated binaural cues. This was necessary because a real-time implementation of the algorithm does not yet exist, so the experiment could not be conducted in a real room. It may be that the "natural" ILD and ITD information applied in the current study somehow did not accurately simulate or perhaps underrepresented the cues that occur in a real room. However, pilot data indicated that the natural cues were a reasonable simulation of the binaural cues that occur naturally. ‡ It is important to note that synchronization between BCIs would be necessary for the current binaural enhancement algorithm to be implemented. Although certainly technically feasible, no such synchronization is currently available commercially.
As mentioned, one goal of this work is to implement binaural enhancement in real time. The algorithm is computationally rather simple and, thus, feasible for a real-time application. Work has already begun to achieve this. Additional work is also needed to optimize the various parameters of the algorithm used in the current study. For example, the ITD-to-ILD map used is likely less than ideal. Perhaps somewhat counterintuitively, it may be beneficial to use smaller ILDs for a given ITD than those used currently. This may prove helpful in situations in which both sound sources are separated in space, but on the same side of midline. In this configuration, imposing a larger-than-necessary ILD would actually decrease the perceptual separation between the sources. Analysis bin size (which was 20 msec in the current implementation) is another candidate for optimization. Although shorter bin sizes were piloted, larger bins should also be examined to further reduce the computational requirements. The goal would be to find the largest bin size that does not negatively affect performance.
While the sample sizes are small and the present data were obtained under relatively restricted conditions (signal and masker on opposite sides of the head and a signal-to-masker ratio of +2 dB), this study represents a proof of concept of how binaural enhancement, and subsequent improved benefit to speech intelligibility, may be achievable in BCI users.
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